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Description 

The present invention relates to the field of digital modulation of sinusoidal carriers and more specifically to a 
process for actuation of multi-level digital modulation by a digital signal processor. 
5 In multi-level digital modulation the modulating signal is generally in the form of a flow of serial bits with a frequency 

of fb bits. Said flow is converted into N parallel flows of bits (N = 1,2,3....) of which the N bits present simultaneously 
on the N flows form words denominated symbols having a symbol frequency fs = fb/N. 

Each N bit symbol can express a number of 2 N different combinations of bits. The number 2 N is termed modulation 
level. 

10 For low modulation levels (2 N - 2,4,8) there is ordinarily used PSK (Phase Shift Keying) modulation which asso- 

ciates with each symbol one phase of a carrier. 

For higher levels of modulation recourse is usually had to QAM (Quadrature Amplitude Modulation) modulation 
which associates with each symbol not only the phase but also the level of a carrier. The possible 2 N values of the 
phases and level combinations of the modulated carrier are generally represented by a constellation of points in a 
is Cartesian plane the axes of which represent two mutually sinusoidal in quadrature carriers. 

Each point of the constellation is identified by a vector which departs from the origin of the plane. The components 
of the vectors in relation to the Cartesian axes are obtained directly from the symbols by an operation termed 'mapping' 
which associates with each symbol two other symbols whose values are the above components. 

The associated symbols form two flows with frequency fs termed 'in phase* channel I and 'in quadrature' channel 
20 Q respectively. 

In a conventional QAM modulator the symbols of the I and Q channels are converted from digital to analog and 
filtered with two shaping filters to appropriately shape the spectrum of the two analog signals obtained. Said signals 
are then used to modulate two synchronous sinusoidal carriers in quadrature with each other. The modulated carriers 
are added together to obtain a single modulated carrier in the desired QAM mode. 
2S Shaping of the above mentioned spectrum is performed by a filtration described as 'optimum' of the symbols be- 

longing to the in phase and in quadrature channels. 

In view of the foregoing a conventional QAM modulator includes the following: 

a series/parallel converter to convert the serial input flow into N parallel bit flows; 
30 - a mapping memory to obtain the I and Q channels starting from the N parallel flows; 

two digital/analog converters for conversion of the symbols of the I and Q channels into continuous values; 
two 'optimum' analog filters placed after said converters; 

two analog multipliers to whose first inputs arrive the output signals from the 'optimum' filters, to whose second 
inputs arrive two sinusoidal in quadrature carriers and whose outputs are the above said amplitude modulated 
35 carriers respectively, and 

an analog adder to whose inputs arrive the outputs of the multipliers and whose output is a single QAM modulated 
carrier. 

The conventional modulator however has a serious drawback due to the fact that the gain of the analog multipliers 
40 shows strong tolerances and is susceptible to thermal drift which introduces phase and amplitude inaccuracies in the 
modulated signal. The consequences of said inaccuracies are notices mainly at the higher modulation levels (N > 4). 

Said shortcomings are overcome by having recourse to QAM modulators of a second type provided in a known 
manner completely in digital mode. 

Said modulators do not require the two digital/analog converters on the I and Q channels as in the above converters 
45 because the respective symbols undergo the 'optimum' filtration directly in digital mode. The filtered symbols are also 
multiplied digitally by the values of the sinusoidal in quadrature carriers appropriately digitalized. The digital samples 
of the product are converted into analog and filtered by means of a low pass filter, termed 'reconstruction', to eliminate 
the unwanted spectral components and obtain the modulated sinusoidal carrier QAM. 

As is known, to digitally filter signals it is first necessary to sample them with a sampling frequency fc whose value 
50 must be equal to at least twice the maximum frequency contained in the band of the signal to be sampled. In the case 
in question the signals to be sampled correspond to the symbols of the I and Q channels and said maximum frequency 
corresponds to the symbol frequency fs. The spectrum of a sampled signal is formed of an infinite series of spectra of 
the signal in base band placed around whole multiples of the frequency fc constituting overall a repetition spectrum. 
To further space the repeated spectra it is useful to perform an oversampling of the symbols at the frequency fc = fs x 
55 k where K is a whole number > 2 representing the number of samples per symbol. The value of K is selected so that 
the distance between two repeated spectra is broad enough for an embodiment of the reconstruction filter with a slope 
not overly steep of the attenuation characteristic with the frequency. 

The patent application US-A-4,626,803 discloses a first digital modulator comprising: 
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a read only memory ROM for storing quantized values obtained by combining impulse responses from a roll-off 
filter operating at a sampling frequency which is four times the frequency of a modulated carrier signal for a lenght 
of successive data bits; 

addressing means of said ROM, which obtains sequential reading addresses in correspondence of bit patterns 
associated with a bit lenght of the input data; 

a digital to analog converter of the words sequentially read from said ROM, followed by a reconstruction filter of 
said modulated carrier signal. The addressing means in turn includes: 

two shift registers connected to receive and store data from a P (in-phase) channel and a Q (quadrature) channel 
for input data, respectively; 

a multiplexer for fetching data stored in said shift registers in an alternating fashion in synchronism with a clock 
signal subjected to said sampling frequency; and 

a counter incremented by said clock signal, whose output and the output of said multiplexer specifying said reading 
addresses. 

This digital modulator should be circuitally very simple to implement because it only requires a ROM and few 
additional digital circuits. Unfortunately the ROM must be very large and costly, in particular with the highest modulation 
schemas, because it must store as many 32+32 quantized values as the number of data patterns representing all the 
possible combinations of the I and Q symbol values. A further drawback of this modulator is the necessity to replace 
the ROM for varying the digital filter coefficients. 

The patent application US-A-4,680,556 discloses a second digital l-Q modulator which provides a digital modulated 
sinusoidal carrier by cyclically selecting the sequence of symbols: I, Q, I negated, Q negated, at a cadence which is 
four times the frequency of the sinusoidal carrier. For the reasons stated above, in the general discussion of prior art, 
a shaping optimum digital filter for the l-Q symbols must precede the modulator. Such filter, if implemented in hard- 
wired form like the modulator, i.e by means of multipliers, shift registers, adders, etc., should have a considerable circuit 
complexity due mainly to the high number of multipliers, a number which will be as greater as the filter accuracy and 
the sampling frequency of the symbols both increase. The optimum digital filter can be also implemented by means of 
a microprocessor but, under this hypothesis, the whole circuit including the microprocessor and the second digital 
modulator doesnl represent an optimized solution, both concerning the hardware and the software. 

Accordingly the purpose of the present invention is to overcome the above shortcomings and indicate a process 
for actuation of the multi-level digital modulation which, considering the sequence of operation phases of a hypothetical 
circuit taken as a whole, allows minimisation of the number of operations necessary to complete said modulation. 

The process in question shows itself to be particularly well suited to implementation by a single microprocessor 
specialized in real time digital signal processing (DSP). 

To achieve said purposes the object of the present invention is a process for actuation of multi-level digital mod- 
ulation as described in claims 1 through 7. 

The process which is the object of the invention while allowing the embodiment of a QAM modulator by means of 
a single DSP permits considerable circuit simplification as compared with an embodiment with conventional circuits. 

Other objects and advantages of the present invention will be made clear by the detailed description given below 
of an example of embodiment thereof and the annexed drawings given merely as an illustrative and nonlimiting example 
wherein: 

FIG. 1 shows a block diagram of a hypothetical QAM circuit modulator which actuates the modulation process 
which is the object of the present invention, 

FIG. 2 shows the temporal evolution of a string of symbols developed by the circuit of FIG. 1, 

FIGS. 3, 4 and 5 represent flow charts of the phases which characterize the process which is the object of the 

present invention provided by a digital signal processor (DSP). 

With reference to FIG. 1 there is noted a series/parallel S/P converter having an input of a serial flow of S jn bits 
with frequency fb and an output of N parallel flows of bits at the frequency fs = fb/N. As stated above the bits on the N 
flows at the end of each individual phase of parallelization form words of N bits called symbols and having a symbol 
frequency fs. The N flows reach the input of a mapping memory MAP which associates with each input symbol two 
new symbols in output each having a number of bits NT = lnteger(N/2] approximated to the nearest greater whole 
number. 

The symbols output from the block MAP, indicated by li and Qi, belong to two parallel flows of bits at frequency fs 
which form two channels, termed 'in phase' channel I and 'in quadrature* channel Q respectively. 

The symbols li and Qi reach the input of two identical transverse digital filters FIR1 and FIR2 respectively with 'p' 
taps, having a finite pulse response (FIR) similar to that of an 'optimum' transmission filter. 

As mentioned above, the symbols at the input of the digital filters are sampled with a frequency of fc = fs x K. 
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Each of the two filters Fl R1 and Fl R2 is embodied in a known manner and includes a number 'p* of memory registers 
R1, R2 Rp, a number *p' of digital multipliers M1, M2 Mp and an adder Z with *p' inputs where the number 'p' will be 
selected in accordance with the criteria defined below. 

The registers are arranged in sequence with the first Rl coinciding with the input of the respective filter FIR1 or 
5 Fl R2. Each register memorizes a sample for an interval of time T= 1/fc at the end of which it transfers it to the subsequent 
register, delaying it by T. During each interval T the delayed samples are sent to first inputs of the multipliers M1 , M2 .... 
Mp to second inputs of which arrive coefficients C1 , C2, ... Cp, of N" bits unvarying in time. The products output from 
said multipliers reach the inputs of the respective adders Z which add them together at each interval T, producing at 
the outputs symbols of N" bits indicated by lo and Qo. 
10 The symbols lo and Qo correspond to the symbols li and Qi respectively after the digital filtration. 

Said symbols lo and Qo reach two distinct inputs of a modulator block MOD for modulation of two respective 
sinusoidal carriers digitalized together in quadrature. 

This block includes two invertors N1 , N2 and an electronic selector SEL with four inputs (e, f, g, h) placed in string 
and an output point u coinciding with the output of the block MOD. 
is The symbols lo reach directly the input point e of the selector SEL and the pointy through the invertor N1; the 

symbols Qo reach directly the input point f of the selector SEL and the point h through the invertor N2. 

The selector SEL selects with timing cadence T the signal present at one of the input points in the string e, f, q, h 
and transfers it to the output point u. The resulting output flow from the block MOD reaches a digital/analog converter 
DAC of known type whose output is connected to a low pass reconstruction filter FRIC also of known type. 
20 The signal Sout output from the filter FRIC is the output signal of the modulator circuit QAM indicated in the figures. 

In operation the block MOD performs amplitude modulation of two sinusoidal carriers digitalized in quadrature with 
each other using as modulating signals the filtered signals lo and Qo respectively. Said carriers are not shown in the 
figures because, as will be clarified below, they are not really necessary. 

Another function of the block MOD is the sum of the modulated carriers for obtaining a single modulated digital 
25 carrier QAM indicated by Uo(t) to be sent to the digital/analog converter DAC. 

As is known, amplitude modulation of digital signals is achieved by digitally multiplying samples of the carrier 
signals by samples of the modulating signals. 

From the explanation of the circuit of the block MOD it may however be noted that said block contains no multiplying 
nor adding circuits. This circuit simplification is made possible by some peculiarities of the process being discussed. 
30 More specifically: 



the two digitalized sinusoidal carriers phase shifted with each other by one fourth of a period are synchronous with 
the sampling frequency fc, 

the frequency fo of the two carriers is assumed equal to 1/4 of the sampling frequency fc so as to obtain four 
35 samples for each period of said carriers, and 

the carriers are sampled at their highest, lowest and null levels coinciding with the standardized levels equal to 
+1 , -1 and 0 respectively. 

According to these hypotheses the strings of samples for the two carriers, which are obtained at intervals T are 
40 the following. 



In phase carrier 


+1 


0 


-1 


0 


+1 




In quadrature carrier 


0 


+1 


0 


-1 


0 





the corresponding strings of symbols lo and Qo are: 



lo(T) 


lo(T-1) 


lo(T-2) 


lo(T-3) 




Qo(T) 


Qo(T-1) 


Qo(T-2) 


Qo(T-3) 





50 

the corresponding strings of samples associated with the two modulated carriers and obtained by multiplying carrier 
samples by modulating signal samples are: 



+lo(T) 


0 


-lo(T-2) 


0 




0 


+Qo(T-1) 


0 


-Qo(T-3) 





the string of samples obtained from the sum of the two preceding strings, is: 
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Uo(t) = +lo(T) 


+Qo(T-1) 


-lo(T-2) 


-Qo(T-3) 





10 



15 



20 



25 



30 



35 



40 



45 



55 



said samples are indicated in FIG. 1 by lo, Qo,To, Qo. 

As may be seen, the amplitude modulation performed by the block MOD is reduced to a choice ot samples, true 
or negated, made on the symbols lo and Qo coming from 'in phase' and 'in quadrature' channels. This justifies what 
was said above concerning the fact that in reality no carrier reaches the block MOD. 

Sizing of the digital filters FIR1 and FIR2 involves determination of a 'period of observation' of the input signals 
which correspond to the time employed by a symbol li or Qi to pass through the respective digital filter. This is equivalent 
to determination of the number M of symbols simultaneously present in the filter memory registers. 

The total length of each filter, which corresponds to the number 'p' of taps, is given by the following formula: 

prMxK 

where K = fc / fs is the number of samples per symbol. 

The value of M depends mainly on the degree of accuracy required of the filters. 

In view of the foregoing the value of K must cause a mutual spacing of the repeated spectra higher than the 
minimum allowed, obtained by K = 2, so as to permit ready embodiment of the reconstruction filter FRIC. 
Choosing for example K = 4 and M = 4 we have: 
fc = 4fs p=16 
With K = 8 and M = 4 we have: 
fc = 8fs p = 32, etc. 

The reconstruction filter can only be simplified by increasing the length of the digital filters. Said complication is 
however easy to overcome. Indeed, from the oversampling operation performed, for every value of K it is possible to 
make the first of the K samples per symbol equal to the value of said symbol and all the bits of the subsequent K - 1 
samples equal to zero. It follows that a large part of the products inside the digital filters are null. Therefore for each 
filter the number of multiplications really necessary is reduced to one for each symbol time for the number M of symbols 
contained in the filter regardless of the value of K. Totally, considering the two filters, 2M multiplications for each symbol 
time. However, in view of what was said above about operation of the block MOD, it would seem possible to halve the 
total number of multiplications, making it M. Indeed, during one symbol time said multiplications are performed alter- 
nately on the symbols li or Qi. 

Operation of the circuit of FIG. 1 assumes synchronism of all the frequencies in play (fb, fs, fc, fo), with: 

f c = f s x K 



fo = fc/4 = fs x (K/4). 

This said, in the modulator of FIG. 1 the input operations for the block S/P are performed at frequency fb, the 
operations for the block MAP are performed at frequency fs and all the operations for the remainder of the circuit are 
performed at frequency fc. Consequently the modulated carrier QAM output from the block DAC consists of the discrete 
samples which succeed each other at frequency fc. 

FIG. 2 shows the temporal evolution of the content of the registers of one of the two filters FIR1 or FIR2 without 
distinction (FIG. 1) in the case where K = 4, M = 4 and p = 16. 

With reference to FIG. 2 there can be seen the array S1 of the multiplicative coefficients C1, ... Cp which are 
supplied to the corresponding second inputs of the multipliers M1, ... Mp (FIG. 1). 

Opposite the array S1 there are seen five sequences indicated by S2, S3, S4, S5 and S6 aligned one under the 
other, each one comprising 16 samples for the symbols li or Qi (FIG. 1). The sequence S6 refers to a present interval 
of time T The sequences S5, S4, S3, and S2 refer to time intervals indicated above by T - 1 , T - 2, T - 3, T - 4. 

Starting from the sequence S2 which includes samples of four complete symbols indicated by D3, D2, D1 and DO 
each subsequent sequence is obtained by shifting all the samples of the previous sequence to the right with loss of 
the last sample and introducing on the left a new sample D4 in S6. 

As may be seen, the symbols inside the sequences, in this case of K = 4, are made up of a sample of the symbol 
and 3 samples of all zeros. 

The filtered symbols lo and Qo are obtained by multiplying at every interval T each sample of the sequence by the 
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corresponding coefficient and adding at! the products together. 

Therefore, ignoring the null products, the flow of symbols indicated for example by lo will have in the various 
instants the following expressions: 

5 lo(T-4) = D3xC1 + D2xC5 + D1xC9 + D0xC1 3 

lo(T-3) = D3xC2 + D2xC6 + D1xC10 + D0xC14 
lo(T-2) = D3xC3 + D2xC7 + D1xC11 + D0xC15 
lo(T-1) = D3xC4 + D2xC8 + D1xC12 + D0xC16 
lo(T) - D4xC1 + D3xC5 + D2xC9 + D1xC13 

10 

The flow of symbols indicated by Qo has a similar expression. 

FIGS. 3, 4, 5 as stated illustrate a possible flow chart microprogramme memorised in a microprocessor for the 
embodiment of the modulation process in question for the circuit of FIG. 1 . In view of what was said above, it is observed 
that the circuit of FIG. 1 is a hypothetical circuit given only for explanatory purposes. The actual implementation shown 
15 in FIGS. 3, 4 and 5 minimizes the number of operations and the number of memory registers. 

As a nonlimiting example it would be possible to provide the modulation process by means of the microprocessor 
produced by the Analog Devices Co. under stock number ADSP-2100. 

The information contained in the operating manuals of the microprocessor together with the detailed description 
of the flow chart shown in FIGS. 3, 4 and 5 are sufficient for those skilled in the art to provide a QAM modulator circuit 
20 of FIG. 1 in accordance with the modulation process which is the object of the invention. 

Said modulator circuit in the embodiment using a microprocessor comprises: 

the microprocessor mentioned above or equivalent, 
an oscillator circuit for generation of the clock signal of the microprocessor, 
25 - a synchronization circuit for the generation of appropriate interruption signals to send to the microprocessor, and 
the digital/analog converter DAC (FIG. 1) and the reconstruction filter FRIC (FIG. 1). 

The synchronization circuit comprises an oscillator for generation of a main frequency and one or more frequency 
dividers for obtaining the frequencies fb, fc and respective interruption signals lNTERR(fb) and I NTERR(fc) in synchrony 
30 with said frequencies. 

The dividers mentioned are selected from among those commonly found in trade and are appropriately initialized 
with the values of K and N for the particular modulator implemented, after which the frequencies fb and fc are generated 
by dividing the main frequency by appropriate values derived from K and N. 

The serial signal S in (FIG. 1) reaches an input port PORTIN of the microprocessor and is loaded in shift register 
35 MEMSER under the control of the signal INTERR(fb). This signal times the beginning of a first cycle for acquisition of 
the input signal S in and generation of the symbols li and Qi (FIG. 1). 

The signal INTERR(fc) times a second cycle including processing of ail the other phases of the modulation process 
including output. In the output phase a sample belonging to the modulated digital carrier QAM is transferred from an 
internal register BUFFEROUT, in which it is found, to an output port PORTOUT connected to the digital/analog converter 
40 DAC (FIG. 1). 

More precisely, the sample present in BUFFEROUT is the one which among the samples lo, Qo.To, Qo (FIG. 1) 
has to be converted into analog. 

With reference to FIGS. 3, 4 and 5 it is noted that the overall flow chart includes: 

45 - an initialization phase INIZ shown in FIG. 3, 

the abovesaid first acquisition cycle of the signal S jn shown in FIG. 4 by the phases included between points A and 
A', and 

the abovesaid second cycle of modulation and output of the samples of the modulated digital carrier QAM shown 
in FIG. 5 by the phases included between points B and B'. 

so 

The two above-mentioned cycles are in practice two programmes for management of the respective interruption 
signals INTERR(fb) and INTERR(fc); the signal INTERR(fc) has priority over the signal INTERR(fb) to avoid noise in 
the modulated carrier phases Sout. 

The phase INIZ is performed only once at the start of the programme, after which the microprocessor waits for 
55 one or the other of the signals INTERR(fb) or INTERR(fc) to address the cycle of acquisition or modulation respectively. 

The points A and A' represent the starting and ending addresses of the programme related to the acquisition cycle 
while the points B and B' represent the starting and ending addresses of the programme related to the modulation and 
output cycle. 
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In normal operation, upon arrival of the signal INTERR(fb) there is memorised in a special register the address of 
the modulation cycle instruction in the processing phase. After completion of the acquisition cycle the modulation cycle 
resumes exactly from the point of interruption. 

Upon arrival of the signal INTERR(fc) the processing and output cycle starts as stated and at the end thereof the 
s microprocessor goes into standby for the next signal INTERR(fc). 

During the phase INIZ there are performed some initialization functions including among others zeroing of certain 
memory registers of the microprocessor used during processing. With reference to FIG. 3 it is noted that the following 
are zeroed: 

10 - three indices indicated by NBIT, NCAMP and CONT associated with an equal number of counters used for counting 
the number of bits per symbol, the number of samples per symbol and the number of samples per period respec- 
tively of each in quadrature digital barrier; 

the shift register MEMSER which contains the bits of the input signal Sin; 
a register SI MB which contains the symbols obtained from Sin; 
is - two registers MEM. I and MEM.Q which contain the symbols li and Qi respectively derived from SI MB by the map- 
ping operation; 

a register BUFFERCOEFF which contains the coefficients C1 ... Cp as in the array S1 of FIG. 2; 
two shift registers BUFFERING and BUFFERIN.Q having a length of (M) words each and used respectively for 
memorising M symbols li and Qi corresponding with the symbols Do... DM of any of the sequences S2 ... S6 of 
20 FIG. 2, and finally 

the register BUFFEROUT which contains the samples of the modulated digital carrier QAM Uo(t). 

In relation to FIG. 4 the different phases are explained in detail as follows: 

25 - Point A sends to phase A1 in which a bit of the input signal S in is acquired from the input port PORTIN. 

In the subsequent phase A2 the bit of PORTIN is transferred to the left position of the shift register MEMSER. 
The index NBIT is then increased in phase A3. 

In phase A4 the value of NBIT is tested; if said value is less than the predetermined number N of bits per symbol, 
in phase A5 the bits of the register MEMSER are shifted right. At the end of phase A5 there is a return A' to the 
30 reentry point A for the delay of a new interruption signal INTERR(fb). 

If NBIT = N the contents of MEMSER are memorised in the register SI MB in phase A6. 

In the subsequent phase A7 the mapping operation for generation of the symbols li and Qi is performed. 

In phase A8 the index NBIT is zeroed, after which there is the delay A' to the point of reentry A for the delay of a 

new interruption signal INTERR(fb). 

35 

With reference to FIG. 5: 

Point B sends to phase B1 in which the contents of the output register BUFFEROUT are placed on the output port 
PORTOUT. 

40 - In phase B2 the value of the NCAMP index is tested. 

If said value is less than K there is a jump to phase B6. 

If NCAMP is equal to K, in phase B3, a shift to the right of one position of the content of the shift registers BUFFERIN. 
I and BUFFERIN.Q is completed. 

In the subsequent phase B4 the symbols contained in the registers MEM. I and MEM.Q are transferred to the first 
45 position on the left of the registers BUFFERIN. I and BUFFERIN.Q respectively, 

in the subsequent phase B5 the NCAMP index is zeroed. 
In phase B6 the value of the CONT index is tested. 

The values 0, 1 , 2 and 3 of CONT send to the phases B8, B9, B10 and B11 respectively in which the digital filtration 
of the symbols li and Qi is performed. 
50 The filtration operation is done by multiplying the symbols of the registers BUFFERIN ! and BUFFERIN.Q, identified 

by an index (d) by appropriate coefficients of the register BUFFERCOEFF, identified by an index (y), and adding 
the products obtained together. 

The index d undergoes unitary increases from 1 to M in a given interval T 
The expression of the index y is as follows: 

55 

y = Kx(d-1) + NCAMP + 1 
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It allows placing the data Do ... DM belonging to the sequences S2 ... S6 of FIG. 2 in correspondence with the 
coefficients which in the array S1 are placed exactly above said data. This provides the dual advantage of avoiding 
operations whose products would be null and useless occupation of memory of the registers BUFFERIN.I and 
BUFFERIN.Q with words consisting of all zeros. The phases B8, B9, B10 and B11 are placed in chronological 
sequence; at each present time interval T the corresponding filtered symbols lo, Qo.To and Qo are memorised in 
the register BUFFEROUT. 

The value 4 of the CONT index involves, in phase B7, zeroing of said index and return to phase B8 for cyclic 
repetition of the phases B8, B9, B10 and B11. 

Each of the phases B8, B9, B10 and B11 evolves in the same phase B12 in which the CONT and NCAMP indices 
are increased by one unit after which there is a retu m B' to point B for the delay of a new interruption signal INTERR 
(fc). 



Claims 

is 

1 . Multi-level digital modulation process wherein a serial flow (S jn ) having a bit frequency fb is parallelized and mapped 
forming first words of N bits called symbols (SI MB) having a symbol frequency fs from which are generated in 
synchronism second (li) and third words (Qi) belonging to a channel termed 'in phase' and a channel termed 'in 
quadrature' respectively, components along two orthogonal axes of a vector which digitally modulates a sinusoidal 
20 carrier both in phase and in amplitude (Vo(t)), characterized in that: 

said second and third words (li, Qi) are filtered digitally at a sampling frequency fc synchronous with said 
symbol frequency fs and corresponding to said symbol frequency fs multiplied by an appropriate number K 
greater than two, obtaining in correspondence second and third filtered words (lo.Qo); 

2S said sinusoidal carrier modulated digitally both in phase and amplitude (Vo(t)) has a frequency (fo) synchronous 

with said sampling frequency fc and equal to one fourth of said sampling frequency fc; 
said digital filtration comprises cycles divided in four time intervals corresponding to an equal number of con- 
secutive periods of said sampling frequency fc, there being generated in an orderly manner in said cycles 
fourth (lo), fifth (Qo), sixth (To) and seventh (Qo) words respectively corresponding to said second (lo) and 

30 third (Qo) filtered words taken with the true value, and to said second (To) and third (Qo) filtered words taken 

with the negated value, and 

said fourth (lo), fifth (Qo), sixth (To) and seventh (Qo) words constitute discrete samples of said digitally mod- 
ulated sinusoidal carrier (Vo(t)). 

35 2. Multi-level digital modulation process in accordance with claim 1 , characterized in that the digital filtration of said 
second and third words is of the transverse type with finite pulse response in which: 

in a first of said four time intervals it is executed a first multiplication of a first array (BUFFERCOEFF) comprising 
a number p of digital coefficients (C1 ... Cp) by a second sequence (BUFFERIN.I) comprising a number M = 
40 p/4 of said second words (li), and a first summation of all the products obtaining in correspondence said fourth 

words (lo); 

in a second of said four time intervals it is executed a second multiplication of said first array (BUFFERCOEFF) 
by a third sequence (BUFFERIN.Q) comprising said number M of said third words (Qi), and a second sum- 
mation of all the products obtaining in correspondence said fifth words (Qo); 
45 in a third of said four time intervals it is executed a third multiplication of said first array (BUFFERCOEFF) by 

said second sequence (BUFFERIN.I), and a third summation of all the products and negation of the result 
obtaining in correspondence said sixth words (To); 

in a fourth of said four time intervals it is executed a fourth multiplication of said first sequence (BUFFERCO- 
EFF) by said third sequence (BUFFERIN.Q), and a fourth summation of all the products and negation of the 
50 result obtaining in correspondence said seventh words (Qo). 

3. Multi-level digital modulation process in accordance with claim 2 characterized in that said multiplications of said 
first array (BUFFERCOEFF) by said second (BUFFERIN.I) and third (BUFFERIN.Q) sequences comprise M prod- 
ucts of each of the words contained in the respective sequences multiplied by a corresponding coefficient (C1 ... 
55 Cp) belonging to said first array (BUFFERCOEFF), each word belonging to said second and third sequences being 

identified by values taken from a first index d varying from 1 to M by unitary increments in a given period of said 
frequency fc, and 

each said corresponding coefficient (C1 ... Cp) being identified by values taken from a second index y de- 
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pendent on said first index d, on said number K and on the value of a third NCAMP index varying from zero to K 
by increments of one unit at each period of said frequency fc. 

4. Multi-level digital modulation process in accordance with claim 3 characterized in that said index y has the following 
expression: 

y = Kx(d-1) + NCAMP + 1 

5. Multi-level digital modulation process in accordance with claim 2, characterized in that at each period of said symbol 
frequency (fs) all the words belonging to said second (BUFFERING) and third (BUFFERIN.Q) sequences undergo 
a shift of one position without recovery. 

6. Multi-level digital modulation process in accordance with claim 1 , characterized in that it is completely carried out 
by means of a single microprocessor designed for processing digital signals in real time. 

7. Multi-level digital modulation process in accordance with claim 1 , characterized in that said discrete samples of 
the digitally modulated carrier (Vo(t)) are digital to analog converted and low-pass filtered for reconstructing said 
modulated sinusoidal carrier (Sout). 



Patentanspruche 

1. Digitale Modulation auf mehreren Ebenen mit seriellen DatenfluB (S| n ) mit parallelisierter und gemappter Bit-Fre- 
quenz fb, deren ersten Worter zu N Bits geformt werden, welche Symbole genannt werden (SI MB) mit einer Sym- 
bolfrequenz fs, von der die zweiten (li) und dritten (Qi) Worter synchron erzeugt werden und jeweils zu einem als 
'in Phase' bzw 'in Quadratur* bezeichneten Kanal gehdren, Komponenten langs zwei orthogonaler Achsen mit 
einem Scheitelpunkt, welcher auf digitale Art sowohl in Phase als auch in Amplitude (Vo(t)) eine Sinuswellen- 
Tragerfrequenz moduliert, dadurch gekennzeichnet, daB: 

die oben genannten zweiten (li) und dritten (Qi) Worter werden bei einer Abtastfrequenz fc digital gefiltert, zu 
der die obengenannten Symbol f requenz fs synchron ist und der obengenannten Symbolf requenz f s entspricht, 
multipliziert mit einem geeigneten Koeffizient K, der groBer als zwei ist, wodurch die entsprechenden zweiten 
(li) und dritten (Qi) Worter gefiltert werden; 

die obengenannten sowohl 'in Phase' als auch 'in Quadratur' digital modulierte Sinuswellen-Tragerfrequenz 
(Vo(t))hat eine Frequenz (fo), welche synchron zur obengenannten Abtastfrequenz fc ist und ein Viertel der 
obengenannten Abtastfrequenz fc betragt; 

zur oben beschriebenen digitalen Filtration gehdren Kreise, welche sich in Intervalle zu vier Zeiten unterteilen, 
welche einer gleichen Anzahl der aufeinanderfolgenden Zeitintervallen der obengenannten. Abtastfrequenz 
fc entsprechen, in diesen Kreisen werden auf eine geordnete Art vierte (lo), funfte (Qo), sechste (To) und 
siebte (Qo) Worter erzeugt, welche den obengenannten, gefilterten zweiten (li) und dritten (Qi) Wortern bei 
einem echten Wert und den obengenannten sechsten (To) und siebten (Qo) gefilterten Worter bei einem 
negierten Wert entsprechen, wobei 

die obengenannten vierten (To), funften (Qo), sechsten (To) und siebten (Qo) Worter einzelne Muster der 
obengenannten digital modulierten Sinuswellen-Tragerfrequenz (Vo(t)) darstellen. 

2. Digitale Modulation auf mehreren Ebenen entsprechend der unter Inanspruchnahme 1) beschriebenen Modulati- 
on, dadurch gekennzeichnet, daB die digitale Filtration der obengenannten zweiten und dritten Worter von Quer- 
paritat sind mit einem endlichen Antwortimpuls, in welchem: 

in einer ersten der obengenannten vier Zeitintervalle eine erste Multiplikation einer ersten Reihe (BUFFER- 

COEFF) stattfindet, zu welcher eine Anzahl p von digitalen Koeffizienten (C1 Cp) gehort, wobei diese Reihe 

mit einer zweiten Folge (BUFFERING) multipliziert wird, zu der eine Anzahl M = p/4 der obengenannten zweiten 
(li) Worter gehort und wobei eine erste Addition aller Ergebnisse stattfindet, wodurch man die entsprechenden 
vierten (lo) Worter erhalt; 

in einer zweiten der obengenannten vier Zeitintervalle findet eine zweite Multiplikation der obengenannten 
ersten Reihe (BUFFERCOEFF) statt, wobei diese Reihe mit einer dritten Folge (BUFFERIN.Q) multipliziert 
wird, zu der die obengenannte Anzahl M der obengenannten dritten Worter (Qi) gehort und wobei eine zweite 
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Addition aller Ergebnisse stattfindet, wodurch man die entsprechenden funften (Qo) Worter erhalt; 
in einer dritten der obengenannten vier Zeitintervalle f indet eine dritte Multiplikation der obengenannten ersten 
Reihe (BUFFERCOEFF) statt, wobei diese Reihe mit der obengenannten zweiten Folge (BUFFERING) mul- 
tipliziert wird und wobei eine dritte Addition aller Ergebnisse und der Negationen des Ergebnisses stattfindet, 
wodurch man die entsprechenden sechsten (To) Worter erhalt; 

in einer vierten der obengenannten vier Zeitintervalle findet eine vierte Multiplikation der obengenannten ersten 
Reihe (BUFFERCOEFF) statt, wobei diese Reihe mit der obengenannten dritten Folge (BUFFERIN.Q) mul- 
tipliziert wird und wobei eine vierte Addition aller Ergebnisse und der Negation des Ergebnisses stattfindet, 
wodurch man die entsprechenden sechsten siebten (Qo) Worter erhalt. 



3. Digitale Modulation auf mehreren Ebenen entsprechend der unter Inanspruchnahme 2) beschriebenen Modulati- 
on, dadurch gekennzeichnet, daG die obengenannten Multiplikationen der obengenannten ersten Reihe (BUF- 
FERCOEFF) mit der obengenannten zweiten Folge (BUFFERIN.I) und der obengenannten dritten Folge (BUFFE- 
RIN.Q) vorgenommen wird,, zu denen das Resultat M aller Worter gehdrt, die in den entsprechenden Reihen 

75 enthalten sind, multipliziert mit einem entsprechenden Koeffizienten (C1 ... Cp), welcher der obengenannten ersten 

Reihe (BUFFERCOEFF) angehort, wobei jedes Wort, welches der obengenannten zweiten und dritten Folge an- 
gehdrt durch einen Wert gekennzeichnet wird, welcher von einem ersten Index -Wert d genommen wird, welcher 
zwischen 1 und M in einzelnen Steigerungen innerhalb einer vorgegebenen Zeitfolge der obengenannten Frequenz 
Fc variiert, des weiteren dadurch gekennzeichnet, daG 

20 jeder der obengenannten entsprechenden Koeffizienten (C1 . .. Cp) identifiziert wird durch Werte, welche von 

einem zweiten Index-Wert y genommen werden, welcher von dem obengenannten ersten Index-Wert d, der oben- 
genannten Anzahl K und vom Wert eines dritten Index-Wertes NCAMP abhangig ist, welcher zwischen 0 und K 
in Steigerungen einzelner Einheiten innerhalb einer vorgegebenen Zeitfolge der obengenannten Frequenz Fc va- 
riiert. 

25 

4. Digitale Modulation auf mehreren Ebenen entsprechend der unter Inanspruchnahme 3) beschriebenen Modulati- 
on, dadurch gekennzeichnet, daG der obengenannte Index-Wert y wie folgt ausgedruckt wird: 

30 y = Kx(d-1) + NCAMP + 1. 

5. Digitale Modulation auf mehreren Ebenen entsprechend der unter Inanspruchnahme 2) beschriebenen Modulati- 
on, dadurch gekennzeichnet, daG in jedem Zeitintervall der obengenannten Symbolfrequenz (fs) alle Worter, die 
der obengenannten zweiten (BUFFERIN.I) und dritten Reihe (BUFFERCOEFF) angehort der Verschiebung einer 

35 Position ohne Ruckgewinnung unterzogen werden. 

6. Digitale Modulation auf mehreren Ebenen entsprechend der unter Inanspruchnahme 1) beschriebenen Modulati- 
on, dadurch gekennzeichnet, daG diese Modulation vollstandig ausgefuhrt wird mittels eines einzigen Mikropro- 
zessors zur Realzeit-Verarbeitung von digitalen Signalen. 

40 

7. Digitale Modulation auf mehreren Ebenen entsprechend der unter Inanspruchnahme 1 ) beschriebenen Modulati- 
on, dadurch gekennzeichnet, daG die obengenannten einzelnen Muster der digital modulierten Tragerfrequenz 
(Vo(t)) von digital zu analog umgewandelt und zur Wiederbildung der obengenannten modulierten Sinuswellen- 
Tragerfrequenz (Sout) einer Tiefpassfilterung unterzogen werden. 

Revendications 

1. Precede de modulation numerique a plusieurs niveaux dans lequel un flux s6rie (S in ) a une frequence de bits fb 
so est parallelise et mappe, formant ainsi des premiers mots de N bits deYiommes symboles (SIMB) ayant une fre- 

quence de symbole fs, desquels des deuxiemes (li) et troisiemes (Qi) mots sont g^neres en synchronisme, faisant 
partie respectivement d'un canal d6nomm6 "en phase" et d'un canal denomme "en quadrature", des composantes 
le long de deux axes orthogonaux d'un vecteur qui module numeriquement une porteuse sinusoidale aussi bien 
en phase qu'en quadrature (Vo(t)), caracteris6 par le fait que: 



lesdits deuxiemes et troisiemes mots (li, Qi) sont numeriquement filtres a une frequence d'echantillonnage fc 
synch rone avec ladite frequence de symbole fs et correspondant a ladite frequence de symbole fs multiplied 
par un nombre convenable K superieur a deux, ce qui permet d'obtenir des deuxiemes et troisiemes mots 
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filtres correspondants lo, Qo); 

ladite porteuse sinusoidale modulee numeriquement aussi bien en phase qu'en amplitude (Vo(t)) a une fre- 
quence (fo) synchrone avec ladite frequence d'echantillonnage fc et egale a une quatrieme partie de ladite 
frequence d'echantillonnage fc; 

ledit filtrage numerique inclut des cycles divises en quatre intervalles de temps correspondant a un nombre 
egal de periodes cons6cutives de ladite frequence d'echantillonnage fc ou, dans ces cycles, il y a une gene- 
ration ordonnee de quatriemes (lo), de cinquiemes (Qo), de sixiemes (To) et de septiemes (Qo) mots corres- 
pondant respectivement auxdits deuxiemes (lo) et troisiemes (Qo) mots filtr6s pris avec leur valeur reelle.'et 
auxdits deuxiemes (lo) et troisiemes (Qo) mots filtres pris avec leur valeur niee, et 

lesdits quatriemes (lo), cinquiemes (QO), sixiemes (To) et septiemes (Qo) mots constituent des echantillons 
discrets de ladite porteuse sinusoidale modulee numeriquement (Vo(t)). 

Procede de modulation numerique a plusieurs niveaux conformement a la revendication 1 , caracterisee par te fait 
que le filtrage numerique desdits deuxiemes et troisiemes mots est du type transversal avec reponse d'impulsion 
finte, dans lequel: 

dans un premier desdits quatre intervalles de temps on effectue une premiere multiplication d'un premier 
ensemble (BUFFERCOEFF) comprenant un nombre p de coefficients nume>iques (C1 ... Cp) par une deuxie- 
me sequence (BUFFERIN.I) comprenant un nombre M = p/4 desdits deuxiemes mots (li), et une premiere 
sommation de tous les produits obtenant ainsi, en correspondance, lesdits quatriemes mots (lo); 
dans un deuxieme desdits quatre intervalles de temps on effectue une deuxieme multiplication dudit premier 
ensemble (BUFFERCOEFF) par une troisieme sequence (BUFFERIN.Q) comprenant ledit nombre M desdits 
troisiemes mots (Qi), et une deuxieme sommation de tous les produits obtenant ainsi, en correspondance, 
lesdits cinquiemes mots (Qo); 

dans un troisieme desdits quatre intervalles de temps on effectue une troisieme multiplication dudit premier 
ensemble (BUFFERCOEFF), et une troisieme sommation de tous les produits et la negation du resultat ob- 
tenant ainsi, en correspondance, lesdits sixiemes mots (To); . 

dans un quatrieme desdits quatre intervalles de temps on effectue une quatrieme multiplication de ladite pre- 
miere sequence (BUFFERCOEFF) par ladite troisieme sequence (BUFFERIN.Q) et une quatrieme sommation 
de tous les produits et la negation du resultat obtenant ainsi, en correspondance, lesdits septiemes mots (Qo). 

Procede de modulation numerique a plusieurs niveaux conformSmemt a la revendication 2, caracterise par le fait 
que lesdites multiplications dudit premier ensemble (BUFFERCOEFF) par ladite deuxieme frequence (BUFFER. 
IN) et ladite troisieme frequence (BUFFER. Q) comprennent des M produits de chacun des mots contenus dans 
les sequences respectives multiplies par un coefficent correspondant (C1 ... Cp) appartenant audit premier en- 
semble (BUFFERCOEFF), chaque mot appartenant auxdites deuxieme et troisieme sequences qui sont identifiees 
par des valeurs prises d'un premier index d variant de 1 a M par des augmentations unitaires dans une meme 
periode de ladite frequence fc, et 

chacun desdits coefficients correspondant (C1 ... Cp) etant identify par des valeurs prises d'un deuxieme 
index et dependant dudit premier index d, dudit nombre K et de la valeur d'un troisieme index NC AMP variant de 
0 a K par des augmentations d'une unite a chaque peViode de ladite frequence fc. 

Procede de modulation num6rique a plusieurs niveaux conformement a la revendication 3, caracterise par le fait 
que ledit index y a I'expression suivante; 

y = Kx(d-1) + NCAMP + 1 

Proc£de de modulation numerique a plusieurs niveaux conformement a la revendication 2 , caracterise par le fait 
qu'a chaque periode de ladite frequence de symbole (fs) tous les mots appartenant auxdites deuxieme . (BUFFE- 
RIN.I) et troisieme (BUFFERIN.Q) frequences subissent un decalage sans recuperation. 

Procede de modulation numerique a plusieurs niveaux conformement a la revendication 1 , caracterise par le fait 
qu'il est entierement realise moyennant un seul microprocesseur concu pour le traitement de signaux num6riques 
en temps r6el. 

Procede de modulation numerique a plusieurs niveaux conformement a la revendication 1 , caracterise par le fait 
que lesdits echantillons discrets de la porteuse numeriquement modulee (Vo(t)) sont convertis de numeriques en 
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analogues et filtres en passe-bas pour la reconstruction de ladite porteuse sinusoidale modulee (Sout). 



5 



10 



15 



20 



25 



30 



35 



40 



45 



50 



12 




13 



EP 0 458 385 B1 



o 

in 

CJ 
<f 
CJ 

CO 

O 
cm 
CJ 

CJ 

O 

cr> 
CJ 

oo 
O 



10 

U 

in 
CJ 

<t 
CJ 

CO 

CJ 

CM 

u 



CJ 



1 


CO 

1 


Cxi 
1 


1 






h- 


h- 


H- 


\— 


II 


II 


II 


II 


II 












o 




o 




O 




o 
Q 




o 


o 




o 




O 
Q 




O 




o 


o 




o 
Q 




O 




O 




o 


o 
Q 




O 




O 




O 




Q 


O 




O 




O 




cf 




o 


O 




O 




o~ 




o 




o 


o 




Q 




o 




o 




o 


o~ 




O 




o 




o 




CM 

O 


o 




O 




o 




CM 

Q 




o 


o 




O 




CM 

Q 




O 




o 


o 




CM 

Q 




O 




o 




o 


CM 

Q 




O 




O 




o 




CO 

Q 


O 




O 




O 




CO 

Q 




O 


O 




O 




CO 

Q 




O 




O 


O 




CO 

Q 




O 




O 




O 


CO 

Q 




O 




O 




O 







CNJ 

C7 

• mmmm 

Ll 



CO 



CNl 

CO 



CO 
LO 



CO 



LO 
CO 



CD 
CO 



14 



EP 0 458 385 B1 



INIZ. 



NBIT = 0 


NCAMP = 0 


MEMSER = 0 


CONT = 0 


5IMB = 0 


BUFFERING = 0 


MEM. I = 0 


BUFFERIN.O = 0 


- MEM.Q = 0 


BUFFEROUT = 0 




; BUFFERCOEFF = 0 ! 



i 



Fig.3 



A5 



i 





- S in — 


PORTIN 








A2^ 


- PORTIN — • 


- MEMSER 








A3-^ 


NBIT = 


NBIT + 1 


no j * v 



NBIT = 



si 



v- 

AA 



RIGHT-HAND SHIFT 

MEMSER 



MEMSER 



SIMB 



A8, 



A6 







MEM. I 


SIMB — - MAPPING <C 








^ MEM.Q 



A7 



NBIT = 0 



15 



EP 0 458 385 B1 



B1- 



i 



BUFFEROUT—. PORTOUT 



no 



NCAMP = 



B2 

B3^ 



RIGHT-HAND SHIFT 
RIGHT-HAND SHIFT 



BUFFERING 
BUFFERIN.Q 



B 4 



MEM. I -> BUFFERIN.l(l) 
MEM.Q — > BUFFER I NI.Qf-j) 



NCAMP = 0 



CONT = 0 
B7^ 



CONT = 
" 1 



zr 



B5 



B6 



Z [BUFFERING (d) x BUFFERCOEFF(y) ] BUFFEROUTjJ 
d=1 M . 



K 
B8 



I [BUFFERIN.O(d) x BUFFERCOEFF(y>] — BUFFEROUT 
d=1 ... M - 



"B9 



I [BUFFERIN.I(d) x BUFFERCOEFF(y)] — BUFFEROUT_ 
d=1 ... M 



K 

B10 



I [BUFFERIN.Q (d) x BUFFERCOEFE(y)] — BUFFEROUT 
d = 1 ... M 



CONT = CONT+1 - 
NCAMP = NCAMP4 1 



B11 

B12 



16 



This Page is Inserted by IFW Indexing and Scanning 
Operations and is not part of the Official Record 



Defective images within this document are accurate representations of the original 
documents submitted by the applicant. 

Defects in the images include but are not limited to the items checked: 

□ BLACK BORDERS 

□ IMAGE CUT OFF AT TOP, BOTTOM OR SIDES 

□ FADED TEXT OR DRAWING 

□ BLURRED OR ILLEGIBLE TEXT OR DRAWING 

□ SKEWED/SLANTED IMAGES 

□ COLOR OR BLACK AND WHITE PHOTOGRAPHS 

□ GRAY SCALE DOCUMENTS 



□ REFERENCE(S) OR EXHIBIT(S) SUBMITTED ARE POOR QUALITY 

□ OTHER: 



IMAGES ARE BEST AVAILABLE COPY. 
As rescanning these documents will not correct the image 
problems checked, please do not report these problems to 
the IFW Image Problem Mailbox. 



BEST AVAILABLE IMAGES 




LINES OR MARKS ON ORIGINAL DOCUMENT 



